SPECIFICATION 
TITLE 

"METHOD AND APPARATUS FOR SUPPRESSING AN ACOUSTIC 
INTERFERENCE SIGNAL IN AN INCOMING AUDIO SIGNAL" 

BACKGROUND OF THE INVENTION 

Field of the Invention 

The present invention concerns a method for suppressing at least one 
acoustic interference signal by using a directional microphone system that has at 
least two microphones, and to an apparatus for implementing the method. 
Description of the Prior Art 

The matching of microphones in a directional microphone system is of 
significant importance for the suppression of interference signals. 

In the case of steady-state matching, the microphones in a directional 
microphone system are matched to one another in the steady state in open air. This 
matching process is generally carried out using a measurement device that allows 
amplitude matching and phase matching of the individual, generally omnidirectional, 
microphones to be carried out. Steady-state matching allows a diffuse interference 
sound field to be eliminated from the directional microphone signal. Matching which 
is carried out in open air, however, is partially corrupted again by the influence of the 
head on the sound propagation during operation of a directional microphone system 
which is used, for example, in a hearing aid. 

Additionally or alternatively, adaptive amplitude and phase matching 
algorithms have been proposed and are being used, which carry out the matching 
process continuously while the hearing aid is being worn and thus take into account 
the influence of the head on the reception of acoustic signals. The parameters in 
these algorithms are essentially two factors, an amplitude factor and a phase offset 



between the two microphone signals. Factors such as these also are used on a 
frequency-band specific basis. The algorithms on average, that is to say for diffuse 
interference sound, achieve matching that is as good as possible. 

German PS 199 27 278 discloses a method for matching microphone of a 
hearing aid, as well as a hearing aid for representing the method. In this case, a 
hearing aid with a number of microphones which are connected to one another in 
order to produce a directional characteristic are ensonified in a suitable 
measurement area, and the directional characteristic is recorded, while the hearing 
aid is being worn. Filter parameters that are obtained from this can be supplied to 
configurable filters, which are connected downstream from the microphones, and the 
desired ideal directional characteristic can thus be approximated taking into account 
the individual characteristics when the hearing aid is being worn. The method 
makes it possible to produce filter parameters for amplitude and/or phase response 
matching of the signals, which are recorded by the microphones, in order to optimize 
the directional characteristic of the microphones. 

SUMMARY OF THE INVENTION 

An object of the present invention is based to provide a method and an 
apparatus, by means of which the influence of an acoustic interference signal on the 
reception of a directional microphone system can be suppressed as a function of the 
direction. 

This object is achieved according to the invention by a method for 
suppressing at least one interference signal using a directional microphone system 
that has at least two microphones, with a number of directional microphone signals 
produced by weighted combination of signals from the at least two microphones, with 
the weighting in each case determining a direction-dependent sensitivity of the 
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directional microphone system. The directional microphone signals are normalized 
with respect to an identical sensitivity of the directional microphone system in one 
direction region. The normalized directional microphone signal with the lowest 
interference signal component is selected as the output directional microphone 
signal. By the weighted combination, it is possible, for example, to achieve a delay 
using a phase factor, and to achieve an amplitude change by means of an amplitude 
factor. 

In the method, a number of directional microphone signals are produced 
which are influenced to different extents by the interference signal due to their 
different direction-dependent sensitivities. 

If the interference signal is located in a direction in which the sensitivity of the 
directional microphone signal that is produced by the weighting is high, then the 
directional microphone signal will include a large interference signal component. If 
the interference signal is, by contrast, located in a direction in which the sensitivity of 
the directional microphone signal that is produced by the weighting is small, then the 
interference signal component in the directional microphone signal is low. 

One precondition for comparison of the directional microphone signals is that 
the sensitivity of all the directional microphone signals is the same in one direction 
region. This direction region in the case of a directional microphone system which is 
used, for example, in a hearing aid is preferably the straight-ahead direction, and is 
normally designated by 0°. Since, for example, two microphones produce a 
relatively broad first-order directional lobe, it is advantageous to average the 
sensitivity of the directional microphone system in a narrow or broad range, for 
example in the forward direction, depending on the technical characteristics. In the 
simplest case, only the signal in the 0° direction is considered. The directional 
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microphone signals that are produced are normalized with respect to an identical 
sensitivity in this direction region. 

The directional microphone signal with the lowest interference signal 
component is selected as the output directional microphone signal from the 
directional microphone system. In this case, the contribution of the interference 
signal to the directional microphone signal resulting from the normalized sensitivity in 
the direction region is, for example, characterized by the signal energy. A low signal 
energy means that the sensitivity of the directional microphone signal to the 
interference signal is low, so that there is also a small interference component in the 
directional microphone signal. Alternatively, it would be possible to determine the 
interference signal component, for example, by means of a signal level, a voltage 
produced by the signal, by the magnitude of the signal, or else by a signal-to-noise 
ratio of the directional microphone signals. 

A further advantage of the method is the direction-dependent suppression of 
an interference signal, since the method makes it possible to deliberately filter from 
the directional microphone signal interference signals that are received from the 
direction with a minimum sensitivity. 

The method is based on the capability to determine the sensitivity of the 
directional microphone system by weighted combination of the signals from the 
microphones in the directional microphone system. 

In an embodiment of the method, the weighting is determined so as to 
minimize the sensitivity of the directional microphone system for an interference 
signal source that is located in one direction with respect to the directional 
microphone system. The more accurately the sensitivity minimum can be placed in 



4 



one direction, the more accurately the interference signals from localized 
interference signal sources can be suppressed. 

In another embodiment of the method, the weighting is determined by taking 
into account an effect from the acoustic environment, which occurs as a result of the 
use of the directional microphone system. For example, the weighting in the case of 
a directional microphone system which is used in a hearing aid is determined when 
the hearing aid is being worn, that is to say the directional microphone system is 
arranged on a head or on a head imitation in a constellation corresponding to that in 
use when determining the weighting. 

In order to determine a weighting, a signal source which is located in one 
direction with respect to the directional microphone system is, for example, removed 
from the directional microphone signal as well as possible by variation of the 
weighting of the microphone signals. The weightings determined in this way have 
the advantage that they are produced in controlled conditions and with a fine 
resolution, in each case optimized to the incidence direction of the signal source. 

In another embodiment of the method, the weighting has an amplitude factor 
and/or a phase factor, in particular for the correction of the amplitude or phase, 
respectively, of one of the microphone signals. The weighting can be stored, for 
example in the form of the amplitude factor and/or phase factor, and can be stored, 
for example, as a frequency-dependent and direction-dependent characteristic. The 
various weightings can be read selectively from the memory in order to produce the 
directional microphone signals. 

In one particularly fast-operating embodiment of the method, the various 
directional microphone signals are produced essentially at the same time. 
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In another embodiment, the value of the weighting during the production of 
the two or more directional microphone signals is changed in order to successively 
produce directional microphone signals with different direction-dependent 
sensitivities. This has the advantage that there is no need to simultaneously 
calculate a large number of directional microphone signals. 

In a further embodiment of the method, the frequency range of the 
microphone signals is subdivided into frequency bands, in each of which the method 
according to the invention is carried out. This results in frequency-band-specific 
output directional microphone signals for each frequency band, which together form 
an output directional microphone signal from the directional microphone system for 
the entire frequency range. 

The above-mentioned object of the invention also is achieved by an apparatus 
for implementing a method as described above, with a directional microphone 
system having at least two microphones. 

In another embodiment of the apparatus, the two microphones are connected 
to respective frequency-selecting filter banks, at the outputs of which frequency band 
signal components of the microphone signals are produced. Outputs of the 
respective filter banks that are in the same frequency bands are connected in pairs 
to a unit that combines the frequency band signal components with a weighting, the 
weighting being applied by means of an amplitude unit, which varies the amplitude of 
the corresponding frequency band signal component, and/or by means of a phase 
unit which shifts the phase of the corresponding frequency band signal component. 
The amplitude unit and the phase act either jointly on one frequency band signal 
component or act individually on each of the frequency band signal components. 
Two or more combination units are connected to a comparison unit, which 



6 



normalizes the directional microphone signals with respect to a sensitivity in a 
direction that is as identical as possible to the direction region of the signal and 
compares the respective interference signal components of the normalized 
directional microphone signals. The directional microphone signal with the smallest 
interference signal component is entitled as the output directional microphone signal 
at the output of the comparison unit. 

DESCRIPTION OF THE DRAWINGS 

Figure 1 shows a typical example of the use of a directional microphone 
system for the suppression of acoustic interference signals 

Figure 2 shows the procedure for matching two microphone signals. 

Figure 3 shows a sensitivity distribution for a directional microphone system, 
which has been matched, in the open air, as well as a sensitivity distribution taking 
account of the head influence. 

Figure 4 is a schematic block diagram of an apparatus for implementing the 
method for suppression of at least one acoustic interference signal, according to the 
invention. 

Figure 5 shows a combined illustration of amplitude factors and phase factors 
in the 400 Hz frequency band for 5° angle steps. 

Figure 6 shows a direction-dependent characteristic for an amplitude factor. 
DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Figure 1 shows a typical example of the use of a directional microphone 
system RM1, RM2 for the suppression of acoustic interference signals. In this case, 
one or more directional microphone systems RM1 , RM2 are located in a hearing aid, 
which is used as such by the person 1 . The person 1 is having a conversation with a 
person S2, who is located in the direction region of the directional microphone 
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system RM1, RM2. The direction region is in the straight-ahead direction, which is to 
say in the direction of the axis that is denoted by 0°. The discrepancy between the 
position of the person S2 and the 0° axis through the angle a2 is, for example, within 
a conical direction region of the directional microphone system RM1. 

In addition to the person S2, there are two other people S3, S4 within the 
vicinity of person 1. The people, S3, S4 are conversing with one another, that is to 
say they represent interference signal sources which are located at respective 
angles of a3 and a4 with respect to the 0° axis and whose acoustic signals AS3, AS4 
should not be received by the directional microphone system RM1 . 

The directional microphone system RM1 comprises two microphones M1, M2; 
the directional microphone system RM2 comprises three microphones M3, M4, M5. 
The hearing aids in which the directional microphone systems RM1, RM2 are 
contained may be hearing aids which are worn behind the ear or in the ear. 
Alternatively, further directional microphone systems can be produced by connecting 
the microphones M1, M2 on one side to one or more microphones, M3, M4, M5 on 
the other side. 

In order to form a directional microphone signal, the signals from at least two 
microphones M1, ... M5 are combined, if necessary with a delay and weighted with 
respect to one another. The directional microphone system has a different direction- 
dependent sensitivity, depending on the weighting. 

A sensitivity distribution such as this is referred to as a directional 
characteristic of the directional microphone system and can be measured, for 
example, as follows. The directional microphone system is subjected to an acoustic 
signal at a constant amplitude, in which case the source of the acoustic signal can 
be moved around the directional microphone system. The received signal energy is 
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recorded for different directions, that is to say different positions of the signal source. 
For the same weighting, it varies owing to the direction-dependent sensitivity of the 
directional microphone system. 

A weighting for a specific sensitivity for a signal source that is located in one 
direction can be determined by means of a similar procedure. In this case the 
weighting is varied instead of varying the direction in which the signal source is 
located. The sensitivity of the directional microphone system is in this case set, for 
example, such that the signal which arrives at the directional microphone system 
from a constant direction is, for example, received at a minimum level, or is even 
entirely eliminated. If this is repeated for a number of directions, that is to say the 
position of the signal source is rotated once in, for example 5° angle steps around 
the directional microphone system, this results in a set of weightings, which each 
minimize a signal arriving from the corresponding direction. 

Directional characteristics that are measured in the open air and have two 
microphones are symmetrical with respect to an axis that is defined by the 
connecting line between the two microphones. However, directional microphone 
systems are normally used in a specific acoustic environment, for example being 
worn on the head (figure 1) or on the body. The acoustic environment influences the 
sound propagation and, in a corresponding manner, the directional characteristics. 
For this reason, it is advantageous to carry out the weighted combination in order to 
produce the directional characteristics, which are used in the method in the 
respective acoustic environment, so that the weightings take account of the effect of 
the acoustic environment on the acoustic signals. 

For the case of a directional microphone system which is installed in a hearing 
aid, in addition to the option of matching the microphones when they are not on the 
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head of the respective hearing aid wearer, that is to say combining them with 
different weightings, it is also possible to carry out the matching process with the aid 
of a head simulation which, for example represents an average head. 

The influence of the head on the propagation of sound waves that are 
intended to be received by a microphone that is worn on the head is determined by 
the so-called head-related transfer functions (HRTF). HRTFs such as these may be 
determined, for example, using the procedure described above, and can be used to 
calculate the weightings, which likewise lead to directional microphone signals with 
direction-dependent sensitivities. 

Figure 2 shows, schematically, the weighted combination of two microphone 
signals MS1, MS2 from the microphone M1, M2. The signals MS1, MS2 differ in 
their amplitude and in their phase. The aim of matching the two microphones is 
firstly to match the amplitudes of the signals, MS1 , MS2, and secondly to set a fixed 
phase relationship. The former is achieved, for example, by amplification by a fixed 
amplitude factor KA in an amplifier unit A. The latter is achieved, for example, with 
the aid of a phase shifter PH, which shifts the relative phase, which is intended to be 
0° in figure 2, through the phase angle KPH. 

The amplitude and phase correction may act on a microphone signal. This is 
the case in Figure 2: both correction factors act on the microphone signal MS1 and 
produce a corrected microphone signal MS1\ This has the obvious advantage of 
simple design, in which only one signal is processed. Alternatively, the corrections 
may each act on one of the microphone signals. 

Signal matching such as this is preferably carried out in one frequency band. 
For this purpose, the frequency range of the microphone signals is subdivided into a 
number of frequency bands, for using a filter bank. The amplitude and phase factors 



10 



KA, KPH now themselves determine the direction-dependent sensitivity of the 
respectively produced directional microphone system in that, for example, they 
minimize the sensitivity in one direction in the corresponding frequency band. An 
unambiguous association between the minimum and one direction is now possible 
only in the case of an asymmetric sensitivity distribution, such as that which is 
produced, for example, by the influence of the head. In open air, by contrast, only 
symmetrical sensitivity distributions can be produced, which reflect the symmetry of 
the open air environment, and of the microphone arrangement. 

The frequency-dependent and/or direction-dependent weightings for the 
method are stored in the directional microphone system in the form of frequency- 
dependent and/or direction-dependent characteristics or functions, or as data pairs. 

Figure 3 shows two measured directional characteristics. In this case, the 
sensitivity, which is essentially proportional to the signal energy, is plotted radially 
over all the angles from 0 to 360° in 5° steps. 

First, a directional characteristic F in open air is shown for an acoustic signal 
at 500 Hz. This clearly shows its symmetrical profile around the axis of symmetry 
SA that is defined by the connecting line between the directional microphones. 
Owing to the symmetry, the directional characteristic has two minima in the 120° and 
240° directions. 

In addition, Figure 3 shows a directional characteristic K which takes account 
of the influence of a head 1\ which is indicated, on the direction-dependent 
sensitivity of the directional microphone system. This clearly shows the pronounced 
minimum at 240°. The minimum on the side of the head V is less pronounced in 
comparison with that in the open air. A directional microphone system whose 
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weighting results in the directional characteristic K will receive an interference signal 
from the 240° region considerably attenuated. 

Figure 4 shows, schematically, an example of an apparatus for implementing 
the method. The microphones M1, M2 are connected to a respective filter bank FB1 
or FB2. A frequency band DF, DF' of the microphone signals MS1, MS2 is produced 
at the outputs of the respective filter banks FB1, FB2. Outputs with a matching 
frequency band DF, DF' are connected in pairs to a series of units G1, G2, G3, G4 
which carry out a combination process with different weightings. This means that the 
microphone signal MS1 that is restricted to the frequency band AF, and the 
microphone signal MS2 that is restricted to the same frequency band, AF are 
available for weighted combinations. 

The microphone signal MS1 in each case is matched to the signal from the 
microphone M2 in the units G1, G2, G3, G4, which carry out a combination process 
with different weightings, with the aid of an amplitude factor Km, Ka2, K A 3, K A 4 and of 
a phase factor K PH i, K PH 2, K PH 3, K PH 4. The directional microphone signals RMS1, 
RMS2 are produced, for example, by forming the difference between the corrected 
microphone signal MS1 and the microphone signal MS2 in the combination units K1, 
K2, K3, K4. For illustrative purposes, the corresponding directional characteristics K' 
are shown schematically in the combination units K1, K2, K3, K4. In addition, the 
figure shows the direction in which the minimum of the directional characteristic is 
located, for example with the minimum for K' being at 120°. 

The weighted combination can be carried out virtually at the same time or 
successively for all of the weightings. In the first case, all of the weightings must be 
provided at the same time by, for example, being prominently implemented in the 
directional microphone. In the second case, the directional microphone signals are 
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produced successively. In this case, the weightings are, for example, read one after 
the other from a common memory, with the minimum of the directional 
characteristics being rotated once, for example, through 360° around the directional 
microphone system. 

The outputs of the units G1, G2, G3, G4 that carry out a combination process 
with different weightings are connected to a comparison unit V. The comparison unit 
V compares the interference signal component contained in the directional 
microphone signals RMS1, RMS2. For this purpose, first, each of the directional 
microphone signals RMS1, RMS2 that are produced by the units G1, G2, G3, G4 
which carry out a combination process with different weightings are normalized with 
respect to the same sensitivity in one direction region. For example, the sensitivity in 
the 0° direction of all the directional microphone signals RMS1, RMS2 is set to 1. 
The interference signal component may be compared, for example, on the basis of 
the signal level, of the signal energy or of the noise component in the signal. The 
better the extent to which the respective steady-state directional characteristic 
cancels out the interference signals which arrive at the microphones M1, M2, the 
lower is the signal energy or the signal level. That output directional microphone 
signal ARMS for the frequency band AF, which has the smallest interference signal 
component, is produced at the output of the comparison unit V. 

An analogous procedure is carried out in all the other frequency bands AF'. In 
this case, specific amplitude factors and phase factors are used for weighted 
combinations. 

The frequency-band-specific output directional microphone signals ARMS1, 
ARMS2 are supplied to a further combination unit 11, in which they are combined to 
form a single output directional microphone signal ARMS for the directional 
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microphone system which is formed by the microphones M1, M2. This output 
directional microphone signal is supplied for further signal processing to a signal 
processing unit 13 which is, for example a hearing aid signal processing and in 
which a further algorithm is carried out in order to suppress interference signals or in 
order to amplify the signal as a function of the hearing damage of the wearer. 

The method which is illustrated in Figure 4 is based on the processing of 
microphone signals in the individual frequency bands AF, AF\ Alternatively, the 
microphone signals MS1, MS2 may be analyzed by means of a Fast Fourier 
Transformation (FFT) and the method may be applied in a corresponding manner to 
the FFT coefficients. 

During the successive production of the directional microphone signals as 
mentioned above, the comparison unit V may, for example, influence the step width 
in the relevant direction region during the production process, and thus act 
adaptively on the weightings or the two or more directional microphone signals 
RMS1, RM2. 

Figure 5 provides a summary of the examples of the values of the amplitude 
factors and phase factors for one frequency band. The amplitude factor A is plotted 
in one direction, and the phase delay O of the two microphone signals is plotted in 
the other direction. The amplitude factor A for 0° or 360° is, for example, about 0.5 
dB. The associated phase d> is about -1.2. Each small star corresponds to one pair 
of amplitude and phase factors A, cd, which are indicated in 5° steps. This clearly 
shows the asymmetric profile of the factor distribution, resulting from consideration of 
the effect of the head on the sound propagation. By way of example, when a hearing 
aid is in use, the amplitude and phase factors A, <D are used which are required for 
interference signal suppression of interference signals in the region from 90° to 270°. 
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Figure 6 shows an amplitude factor A' as a characteristic K A « which 
approximates the directional dependency of an amplitude factor A\ This shows of 
the one hand a structured measurement curve M of the amplitude factor A\ The 
measurement curve was recorded, for example, using the procedure described 
above for matching of the direction-dependent sensitivity, and describes the 
amplitude factors which produce a minimum sensitivity in the direction a from 0° to 
360°. The characteristic K A - essentially reproduces the measurement curve, and is 
stored in the directional microphone system. Alternatively, the characteristic K A > 
could be calculated from the HRTFs. 

One particularly advantageous procedure for interference signal suppression 
with the aid of the method according to the invention is carried out, for example, as 
follows. In this case, frequency-dependent and angle-dependent weightings are 
used, which additionally also take account of the influence of the head on the sound 
propagation: 

An optimum steady-state sensitivity distribution (directional characteristic) is 
determined on a head or on a head simulation for each interference signal incidence 
direction, for example in the range from 90° to 270°, and in a number of frequency 
bands with sufficiently fine resolutions. Accordingly, f*a (where f is the number of 
frequency bands and a is the number of angle steps with this resolution) weightings 
are measured for the amplitude and phase response correction which, in the steady 
state, minimize the interference signals from the various interference signal 
incidence directions. This means that the weightings allow optimum suppression of 
an interference signal source that is active in the corresponding frequency band Af 
and in the corresponding incidence direction. The values of the weightings (for 
example the amplitude factor A and the phase factor PH) are, for example, stored in 
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the directional microphone system or are made available in the form of an angle- 
dependent characteristic function: 

A A f = A A f (angle) and PH A f = PH Af (angle). 
They thus represent angle-dependent and frequency-dependent compensation for 
the head effect in the acoustic environment of the hearing aid. 

Further adaptive amplitude or phase matching algorithms that may be used 
and have been described in the prior art may also be used. The weightings for them, 
that is to say for example the steady-state amplitude and phase matching factors, 
represent, for example, steady-state angle-dependent shifts (offsets). The direction 
matching is preferably linked to the adaptive amplitude and phase matching 
algorithms that have been mentioned. 

Matching of the directional microphone in order to suppress the interference 
signals during operation is now carried out easily by means of the automated 
selection of that directional microphone signal which is at the lowest level and thus 
has the greatest interference signal attenuation. One precondition for this is the 
normalization, as discussed above, of the sensitivities of the individual directional 
characteristics and of the directional microphone systems in the desired direction. 

One major advantage of the just-described procedure is that it ensures that 
the directional microphone system is matched so as to suppress interference signals 
by means of optimum directional characteristics, which have previously been 
optimized in the steady state on the head. In this way, the weightings are always 
optimally matched to the respective interference signal source to be suppressed 
when the hearing aid is being worn. This procedure is considerably faster than a 
defective adaptation, behind the interference sound field, with the aid of an 
algorithm. 
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If two or more microphones M1, ...M5 are combined to form a directional 
microphone system, it is also possible to produce higher-order directional 
characteristics whose structure can be matched to more differentiated distributions of 
interference signal sources. 

Although modifications and changes may be suggested by those skilled in the 
art, it is the intention of the inventor to embody within the patent warranted hereon all 
changes and modifications as reasonably and properly come within the scope of his 
contribution to the art. 
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